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Abstract 
In this paper, the adaptive, minimum variance (MV) beamformer is applied to ultrasound data. Due to near-field properties, the 
energy of the ultrasound data reduces towards the edges of the transducer. The influence of this near-field effect is demonstrated,
and a method to reduce this influence is proposed. By reducing the number of active sensor elements, an increased resolution can
be obtained with the MV beamformer. This observation is directly opposite the well-known relation between the spatial extent of
the aperture and the achievable resolution. The investigations are based on Field II simulated data using a 128-element transducer 
with a large spatial extent. The results show that an increased resolution can be obtained, when using only the central part of the 
transducer compared to using the entire spatial extent. Using the central 32 or 48 elements provides an increased resolution 
compared to using all 128 elements. 
PACS: 43.60 Acoustic Signal Processing. 
Keywords: Adaptive Array Processing; Adaptive Beamforming; High Resolution Beamforming; Minimum Variance Beamforming; Ultrasound 
Imaging 
1. Introduction 
In medical ultrasound imaging, beamforming is conventionally carried out using the Delay and Sum (DS) 
beamformer, which works by delaying, weighting and summing the individual sensor signals. The DS beamformer 
uses pre-defined and fixed apodization weights. It is a well-known fact that the achievable resolution is directly 
dependent on the choice of apodization weights and the number of sensor elements. 
Within recent years, the application of adaptive beamforming to ultrasound imaging has become an area of 
increasing interest. The primary focus has been on the so-called Minimum Variance (MV) or Capon beamformer 
[1]. Despite the fact that adaptive beamformers originally were developed for far-field applications, previous 
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investigations in the field of ultrasound imaging have shown promising results; in terms of significantly increased
resolution [2]-[8].
Due to near-field properties, the energy of the ultrasound data reduces towards the edges of the transducer. In this 
paper, the influence of this near-field effect on the MV beamformer is demonstrated using simulated Field II [9]-
[10] data. Furthermore, a method to reduce this influence is proposed by reducing the number of sensor signals.
2. Adaptive Beamforming
A beamformer works by delaying, weighting and subsequently summing each of the sensor signals. As illustrated
in Fig. 1, an adaptive beamformer is similar to DS with the only difference being the choice of weights. The
adaptive weights are continuously updated and are directly dependent on the measured sensor signals.
2.1. Pre-steering
As in conventional beamforming, the sensor signals are pre-steered at the focus point, so that the sensor
responses from the focus point will sum in phase, and the DS beamformer output from the current point will be
maximized. Pre-steering at a point is carried out by compensating for the propagation delay for this point. The delay
is calculated as the propagation path from the transmit element to the focus point and back to the receiving element.
The concept of pre-steering is illustrated in Fig. 2(a)-(b), which show the responses from three point targets
located at (x,z)={(0,40), (5,42), (-2,45)} mm. The responses are simulated for a transducer with 128 elements. Fig.
2(a) shows the received sensor signals, and in Fig. 2(b), the sensor signals are pre-steered at the point (x,z)= (0,40)
mm. Due to the compensation for the delay, the response from the focus point resembles a plane wave impinging
directly onto the array. Thus, the signals will sum in phase, and the DS beamformer output will be maximized. This
plane wave resemblance is exploited in the adaptive beamformer, see Sec. B.3. 
Fig.2 (a) The received sensor signals. The figure shows the
responses from three point targets located at (x,z) =
{(0,40),(5,42),(-2,45)} mm. (b) Sensor signals pre-steered at the 
focus point (x,z) = (0,40) mm. After pre-steering, the response
from the focus point resembles a plane wave impinging directly
onto the array.
Fig.1 Block diagram of an adaptive, narrowband beamformer.
The adaptive processor determines a set of optimized apodization
weights from the delayed sensor signals.
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2.2. Beamforming
Denoting the mth pre-steered sensor signals , the beamformer output is given as a weighted sum of the
sensor signals 
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where r denotes the current focus point and the superscript {}H denotes the Hermitian transpose. Using pre-
defined and fixed apodization weights, , yields the DS response.mw
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2.3. Minimum Variance Beamforming
In adaptive beamforming, the apodization weights are varying and are directly dependent on the sensor signals.
The Minimum Variance (MV) beamformer continuously updates the weights, so that the variance (or power) of the
beamformer output is minimized, while the response from the focus point is passed without distortion.
Mathematically, this is expressed as [1]
 min  subject to  (2)wH 1 ewH
where R is the covariance matrix of the pre-steered sensor signals, and e is the so-called steering vector. The steering
vector characterizes the signal of interest, which is not to be distorted.
The constrained optimization problem (2) can be solved analytically using Lagrangian multiplier theory.
Provided that Rí1 exists, the MV optimized apodization weights are given by [1]
(3)eRe
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2.3.1. Covariance Matrix Estimation
The covariance matrix is unknown and must be replaced by the sample covariance matrix, which is estimated 
from the data. To estimate the sample covariance matrix a number of realizations of data is required. In this paper,
these realizations are obtained by dividing the data from a single acquisition into a number of groups. This follows
the spatial smoothing approach suggested in [11].
As illustrated in Fig. 3, the spatially smoothed covariance matrix estimate is obtained by dividing the array into P
overlapping sub-arrays. For each sub-array, a sub-covariance matrix is estimated, and these are averaged across the
array. Note that this reduces the dimension of the covariance matrix, and thus the number of weights will be reduced
correspondingly. The reduced dimension also influences the resolution due to the inherent compromise between the
width of the array and the achievable resolution [12]. 
Fig.3 Spatial smoothing. The array is divided into P overlapping
sub-arrays, and the covariance matrix is averaged across the array.
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2.3.2. Signal of Interest
As indicated in (2)-(3), the definition of the signal of interest, e, is of great influence on the MV beamformer
output. This signal of interest characterizes the signal emerging from the focus point. As seen in Fig. 2(b) the signal
from the focus point will resemble a plane wave, where all sensor signals are in phase, impinging directly onto the
array. Thus, standard procedure is to denote the pre-steered signal of interest by a vector of ones, which indicates a 
constant phase and constant amplitude across the array.
However, in near-field situations, the amplitude is not necessarily constant across the array. Fig. 4-5 show the
received sensor signals for a point positioned at (0,50) mm using two 128-element transducers with different spatial
extents; a transducer with 0.15 µm pitch (Fig. 4) and 0.3 µm pitch (Fig. 5). For the small transducer, the plane wave
resemblance nearly holds. However, for the large transducer, the amplitude drops significantly towards the edges of 
the transducer; and the constant amplitude plane wave assumption does not hold. Thus, the signal emerging from the
focus point will not be passed without distortion as intended. And as seen in the following section, the amplitude
difference across the array influences the achievable resolution.
Fig.4 Received sensor signals for a point positioned at (0,50) mm
using a 128-element transducer with 0.15 µm pitch.
Fig.5 Received sensor signals for a point positioned at (0,50) mm
using a 128-element transducer with 0.3 µm pitch.
Fig.6 Received sensor signals for a point positioned at (0,50) mm using a 128-element transducer
with 0.3 µm pitch. Only the center 48 elements are displayed.
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There are several approaches to reduce the influence of the amplitude drop; e.g. changing the analytical expression
of the signal of interest, normalizing the amplitudes across the array or virtually reducing the spatial extent of the
transducer by reducing the number of active elements. Instead of using all 128 elements, we will only use e.g. the 
center 48 element, as shown in Fig. 6. The transducer parameters used to create Fig. 5-6 are exactly identical; the
only difference is the number of elements used to display the sensor signals. It is seen that the amplitude difference
across the array has decreased significantly, and the plane wave assumption now holds.
The majority of the transducers available in our lab has relatively large spatial extents and provides sensor signals
with amplitude differences across the array. Thus, a reduction of this influence is of great interest for our future
work in this area. 
In this paper, we propose an approach using a reduced number of sensor signals to form the adaptive beamformer
output. The following section will demonstrate that it is possible to obtain an increased resolution, despite a
decreased number of active sensor signals. Note that this principle is directly contradicting the well-known
relationship between the number of elements and the achievable resolution.
3. Results
In this section the MV beamformer is applied to Field II [9]-[10] simulated ultrasound data. For the simulations, a
128-element, 5.5 MHz linear array transducer with 0.3 µm pitch is used. These parameters correspond to a
transducer, which is physically present in our lab. Data is obtained using a synthetic aperture approach [13], where
11 elements are used as the transmitting aperture and all elements are used as the receiving aperture.
The MV beamformer is implemented in the frequency domain using the short-time Fourier transform with a
segment size corresponding to the length of the excitation pulse convolved with the two-way impulse response of
the transducer. This provides a set of adapted apodization weights for each frequency bin. Before beamforming
white Gaussian noise is added to each of the sensor signals; and a sub-array size of  is used for all 
calculations.
16
The beamformed responses in this section corresponds to a single synthetic aperture emission, and data are
obtained for two point targets positioned at (2,50) mm and (-2,50) mm. Different number of active elements are
used; corresponding to {128, 64, 48, 32} elements. This means that the spatial extent of the aperture has been
reduced virtually down to 75% of the full size. 
Fig.7 DS beamformed responses with Boxcar weights for two
points positioned at (-2,50) mm and (2,50) mm. Different number
of active elements, {128, 64, 48, 32} are used.
Fig.8  DS beamformed responses with Hanning weights for two 
points positioned at (-2,50) mm and (2,50) mm. Different n
of active elements, {128, 64, 48, 32} are used.
umber
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Fig. 7 shows the DS beamformed responses with Boxcar weights. As expected the responses using the highest
number of elements provide the highest resolution and contrast; in terms of narrow main-lobe and low side-lobes.
And obviously, the DS beamformed responses with Hanning weights, Fig. 8, show exactly the same.
The MV beamformed responses are shown in Fig. 9. It is seen that the MV beamformer provides an increased 
resolution compared to the responses in Fig. 7-8. Furthermore, it is seen that the highest resolution is not obtained
using the largest number of active elements. It is seen that the broadest main-lobe is obtained using 128 elements;
and the fewer active elements, the more narrow the main-lobe becomes. Obviously, the number of active elements
has a lower bound, and a inherent compromise between the number of active elements and the achievable resolution
and contrast exists. The optimum compromise is dependent on the f-number, the transducer parameters, and the size
of the sub-array for the covariance matrix estimation.
Fig.9  MV beamformed responses for two points positioned at (-2,50) mm and (2,50) mm. Different number of active elements
{128, 64, 48, 32} are used.
The purpose of this paper is to illustrate this rather peculiar observation, which is strictly contradicting both the
expectation and is directly opposite the observation of the DS beamformer in Fig. 7-8.
4. Conclusions
From the investigations in this paper it is concluded that the near-field effects of ultrasound data has influence on the
achievable resolution of the MV beamformer. An approach to reduce the influence of this effect has been proposed
using fewer receiving elements. This observation is strictly opposite the expectation.
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